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Abstract—Closed-loop configuration has been introduced to
Spatial Audio Coding (SAC) which make it possible to minimise
distortion introduced during the quantisation and encoding pro-
cesses. Significant performance improvement has been shown and
reported in some papers. However, implementation of closed-loop
system directly to MPEG Surround (MPS) is still problematic
due to the unbalanced-delay filterbank that is used in the MPEG
standard which is not appropriate for a closed-loop system that
needs synchronisation between the original audio signals with
the target audio signals. In this paper, we investigate the delay
characteristic of the Quadrature Mirror Filterbank (QMF) which
is used in several MPEG standards. Based on this study, a
balanced-delay QMF is proposed and tested in a closed-loop MPS
system. The results of the experiments show that approximately
8 dB of SNR improvement is achieved when applying balanced-
delay filterbank compared to the unbalanced-delay filterbank as
specified in MPS.

Keywords—Filterbank, Spatial Audio Coding, Multichannel
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I. INTRODUCTION

Spatial audio [1] have been considered, since at least the
last decade, as the future of high quality audio reproduction
where much more realistic sound scene can be created by
means of an array of a number loudspeakers. Even three-
dimensional (3D) audio rendering is possible with the intro-
duction of higher number of applicable loudspeakers such as
the 22.2 audio system [2], [3]. The technology of spatial audio
will be complement to the advancement of high definition
and 3D video technology as high quality audiovisual and
multimedia technology. For the purpose of processing and
encoding, spatial audio is normally represented as multichannel
audio signals [4]–[6].

In response to the increasing development of spatial audio,
Moving Picture Expert Group (MPEG) has already released
two standards that are aimed as compression tools for mul-
tichannel audio signals. The first one is MPEG Surround
(MPS) [7]–[10] that works based on the principle of Spatial
Audio Coding (SAC) [11]–[14] in which multichannel audio
signals can be downmixed into a mono or stereo audio signals
and then transmitted with spatial parameters as side infor-
mation. The second standard is MPEG Spatial Audio Object
Coding (SAOC) [15]–[18] which has capability of providing
user interaction to remix the composition of the rendered
spatial audio scene. With this SAOC standard, it is possible to
render music composition as vocal only or background music
only. In addition, MPEG is currently finalising its standard for
encoding 3D audio [19] which combined both channel-based

and object-based audio reproduction. However, both MPS and
MPEG SAOC audio codec standards seem to be powerful only
at low bit rate applications although the availability of high
speed network connection has motivated to apply much more
high quality spatial audio applications for accompanying high
definition TV and other video applications.

In an attempt to improve the performance of existing MPS
standard, Closed-Loop Spatial Audio Coding (CL-SAC) [20]–
[22] has been proposed with an ability to minimise distortion
due to quantisation and encoding processes. Some benefits
of CL-SAC can be considered. First, significant performance
improvement has been reported while maintaining all features
that are belong to MPS. Second, it is bitrate scalable up to a
bitrate that can achieve perfect waveform reconstruction. Third,
all features of MPS that works based on the principle of spatial
audio coding such as backward compatibility and binarual
rendering, can be maintained. However, the CL-SAC has been
employed in the frequency domain by transforming audio
signal using Modified Discrete Cosine Transform (MDCT),
thus it is not applicable directly to MPS. In addition, processing
audio signal in the frequency domain possibly introduce more
artifact due to having lower time resolution.

In this paper we discuss the delay characteristic of QMF
filterbank that used in MPS as a reason why the CL-SAC
cannot be implemented in the domain of QMF filterbank as
MPS does. Then, we propose a balanced-delay filterbank that
can solve the problem encountered in applying closed-loop
system to MPS. In the next section an overview of closed-loop
spatial audio coding and unbalanced-delay filterbank in MPS
standard will be discussed, followed by discussion on its delay
characteristic and a balanced-delay solution proposed in this
work. In the end of the paper, the results of the experiments
are presented which is finalised with the conclusion.

II. OVERVIEW OF CLOSED-LOOP FRAMEWORK FOR
SPATIAL AUDIO CODING

Spatial Audio Coding (SAC) is an advance encoding tech-
nique having advantage of efficient compression of multichan-
nel audio signals. The encoding process can be considered
as: first, extracting basic parameters which are commonly
known as spatial parameters, and second, reducing the number
of audio channels into a single (mono) or double (stereo)
audio signals which is usually referred to as downmixing
process. The benefit of encoding using this method is that the
downmixed signals can be compressed by any audio encoding
technique while the spatial parameters can be transmitted
conditionally depending on various circumstances such as the
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Fig. 1. Framework of Closed-Loop Spatial Audio Coding (CL-SAC).

desired operating bit rate. Moreover, SAC also benefits of
being able to put spatial parameters as the side information
thus it can be removed if needed while it is still able to decode
only the downmix signals, hence, it is favourable for upgrading
existing audio system which has been widely implemented to
have multichannel extension. This is known as a backward
compatibility. In the decoding process, the downmix signals
can be extended back into channel configurations that can be
either identical or different from the one fed in the encoder
side.

With a main purpose of improving its performance, SAC
technique has been configured as a closed-loop scheme. A
framework of the Closed-Loop SAC (CL-SAC) encoding pro-
cess, shown in Fig. 1, can be discussed as follows. In contrast
to a single spatial analysis block that is normally employed in
an open-loop encoding system, three blocks: spatial analysis,
spatial synthesis, and error minimisation, are applied in a
closed-loop encoding approach. The spatial synthesis block,
that must be similar to the one applied in the decoder side, is
required as a model so the whole encoder system is capable of
theoritically reconstructing multichannel audio signals. Thus,
an error minimisation block can be very useful to compare the
input audio signals with the reconstructed signals. Based on
this comparison, some sort of minimisation can be employed
with suitable error criteria. However, in order to make a fair
comparison between the original and the reconstructed audio
signals, both of them have to be synchronised. For this reason
due to the unbalanced time delay characteristic of filterbank
specified in MPS standard, the CL-SAC is applied in the
frequency domain. Even though increasing performance have
been shown [20]–[22], however, further improving is expected
when the CL-SAC can be applied in the domain of filterbank.

III. UNBALANCED-DELAY FILTERBANK SPECIFIED IN
MPEG SURROUND STANDARD

MPEG Surround is an international standard for encoding
multichannel audio developed based on the principle of SAC.
Even though having so many interesting features and func-
tionalities, it is still possible to increase MPS performance.
Employing MPS as a closed-loop configuration has shown
that significant performance improvement can be achieved.
However, due to unbalanced-delay introduced by both analysis
and synthesis filterbank used in MPS, it is difficult to synchro-
nise the synthesised audio signals with the original signals.
Hence, the spatial analysis and synthesis are performed in
the frequency domain by using MDCT transformation. In this
section we discuss in details the drawback of QMF filterbank

in terms of applying closed-loop configuration and then present
a balanced-delay filterbank as a solution.

MPS standard specifies a hybrid Quadrature Mirror Filter-
bank (QMF) [23]–[25] which is aimed at representing audio
signal in a perceptual time-frequency domain. In general, QMF
consists of an analysis and synthesis filterbank. An Analysis
QMF (A-QMF) is useful to decompose audio signal in each
channel into 71 hybrid (non-uniform) subband signals, while
a Synthesis QMF (S-QMF) is applied to turn back the audio
signal into its time domain signal representation. The initial
process in the A-QMF, as given in Fig. 2, is a convolution of
audio signal, s[i], with a set of filters having impulse responses,
G0,m0

[i] [26], given as,

G0,m0
[i] = h0[i]exp

[
j
π

2M0
(m0 + 0.5)(2i− 1)

]
(1)

where h0[i] is a common core filter having a length of 640,
m0 is the index of the filter, and M0 = 64 is the total number
of filters. Each filter in the filterbank produces audio signal,
having uniform (equal-bandwidth), called subband signal. Fur-
thermore, each uniform subband signal is proceeded to a down-
sampler with a factor of M0 to obtain lower rate signals, hence,
can greatly reduce the complexity of subsequent processing of
the subband signals. Thus, the signal created from the down-
sampling process, xm0

[n], can be represented as,

xm0 [n] = (s[i] ∗G0,m0 [i])[M0n] (2)

The final stage of the A-QMF aims to further reduce the
bandwidth of the subband signals at low-frequency regions
while maintaining the bandwidth of the subband signals at
high-frequency region as they were. For this purpose the first
subband signal is convolved with a set of filter having impulse
responses, G1,m1

[n] [26], given by,

G1,m1 [n] = h1[n]exp
[
j
π

4
(m1 + 0.5)(n− 6)

]
(3)

where m1 (m1 = 0, 1, ..., 7) is the index of the filter, and h1[n]
is the prototype filter with a length of 13. These concolution
processes create as many as 8 sub-subband signals. However,
note that at this stage, filtering processes cause coincidence
of some passband with the other stopbands, hence output of
the G1,2 and G1,2 are combined together while output of the
G1,3 and G1,4 are also combined. As a result there only 6
sub-subbands created from the first subband.

The second and the third subband signals are also processed
with another filterbank with impulse responses, G2,m2 [n] [26],
given by,

G2,m2
[n] = h2[n]cos [π(m2 − 1)(n− 6)] (4)

where m2, (m2 = 0, 1), thus, every subband signal obtains
2 sub-subbands. The prototype filter, h2[n], also has a filter
length equal to 13.

From this final stage we can see that 3 subband signals
have been decomposed into 10 sub-subbands while the other
61 subband signals are not processed and kept as they were.
However, the 10 sub-subband signals have been delayed due
to filtering process. In order to make them all having identical
delays the other 61 subband signal need to be delayed by the
same time as the filter does. At this point, all 10 sub-subband

402



Fig. 2. Block diagram of Analysis Quadrature Mirror Filterbank (A-QMF)

and 61 subband signals are referred to as hybrid band signals
forming 71 hybrid bands of A-QMF.

As specified in MPS standard, the hybrid band signals
go through calculation of spatial parameters and reduction
of channel numbers by downmixing process. The resulting
audio signals need to be transformed back to time domain
by applying the hybrid band signals to the S-QMF. As done
in the A-QMF, the transformation of audio signal to time
domain can be done in 2 steps. First step is summation of the
first 10 hybrid band signals, which are basically sub-subband
signals, to transform them back to be 3 original subband
signals. Subsequently, the newly formed 3 subband signals,
along with the remaining 61 subband signals, representing
the original 64 subband signals, are filtered with impulse
responses, Hm0

[i] [26], as follows:

H0,m0
[i] =

1

M0
h0[i]exp

[
j
π

2M0
(m0 + 0.5)(2i− 255)

]
(5)

where h0[i],m0, and M0 are defined similar to those in (1).

IV. THE PROPOSED BALANCED-DELAY FILTERBANK

The main problem in applying CL-SAC in the domain of
hybrid filterbank is the unbalanced-delay introduced by the
analysis and synthesis filterbank. The A-QMF delays audio
signals as many as 704 samples in the time domain (see
impulse responses of the analysis filterbank, G0,s) which is
equivalent to 11 samples in the QMF subband domain. In
contrast, the S-QMF provides audio signals that are delayed

TABLE I. SNRS (IN DECIBEL) OF VARIOUS SIGNAL
TRANSFORMATION SCHEMES USING QMF FILTERBANK

Scheme No (1) (2) (3) (4)
Audio Excerpt Subband-Tx Time-Tx Cont-SAC OL-SAC
Acoustical music 61.36 55.33 44.76 23.91
Clapping hands 59.42 53.41 44.96 26.25
Classical music 58.97 52.96 36.00 21.86
People laughing 59.49 53.48 40.36 24.74
Phone talking 59.77 53.44 43.04 24.75

as many as 257 samples in the time domain (refer to impulse
responses of the analysis filterbank, H0,s) which is identical to
fractional 4.015625 samples in the QMF subband domain [26].
For this reason, comparing the original audio signals to the
reconstructed audio signals cannot be much useful in the CL-
SAC.

The disadvantages of the QMF filterbank due to the
unbalanced-delay properties can be discussed referring to Ta-
ble I where Signal-to-Noise Ratio (SNR) from a number signal
transformation schemes using QMF for 5 audio signals are
presented. In the first scheme the audio signals are transformed
from time to subband domain on the encoder side before
being transmitted to the decoder. On the decoder side the
subband signals are transformed back to the time domain.
This scheme is denoted as Subband-Tx. The second scheme,
named as Time-Tx, is performed by transforming the audio
signals from time to subband domain on the encoder side.
Furthermore, without performing the spatial analysis block
the audio signals are transformed back to the time domain
and then transmitted to the decoder. The reverse process is
performed on the decoder side. The third scheme is called
Cont-SAC. It uses the MPS system without performing any
coding or quantisation process. This means that all signals and
parameters are transmitted in their original form. The fourth,
called OL-SAC, is a scheme that applies the MPS system.
The spatial parameters are quantised and then transmitted to
the decoder. However, the original form of the downmix and
residual signals are transmitted instead of the encoded form.

It can be seen in Table I that there is a trend of SNR
degradation, for each audio excerpt, when using the Time-Tx
compared to the Subband-Tx scheme. It suggests that both the
transformation of the audio signals from subband domain to
time domain on the encoder side and the transformation of
the audio signals from time domain to subband domain on the
decoder side introduce signal error. Furthermore, the Table also
shows that the OL-SAC has much lower SNRs than the Cont-
SAC. It suggests that the OL-SAC applied in the QMF domain
considerably suffers from distortion which possibly not only
introduced by the quantisation of the spatial parameters but
also, as previously discussed, caused by different lengths of
delay introduced by the analysis and synthesis filterbanks.

The delay introduced by S-QMF can be discussed in details
as follows. The standard filterbank can be simply modified to
make it introduce different time delay. However, the losses
caused by filtering the audio signal can be higher. In Fig. 3, it
is shown that the SNR of the filterbank, in this case the SNR
was taken when an audio signal of Classical music was used
as input, varies when we try to modify the delay introduced by
the S-QMF. It is understandable why MPS is specified to have
S-QMF with time delay of 257 samples because it provides the
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Fig. 3. SNR of Synthesis Quadrature Mirror Filterbank (S-QMF) against
delay (in samples).

highest SNR even though it introduces fractional time delay.
For the other scenarios when the time delay is more or less
than 257 samples, we can see that the SNR decreases.

The balanced-delay filterbank in this work was simply
created by replacing the term (2i − 255) with (2i − 253) in
the standard filterbank in (5) to introduce a time delay equal
to 256 samples in the time domain so that the delay in the
subband domain is no longer fractional. Although SNR of the
balanced-delay filterbank in an open-loop configuration can be
lower than the standard filterbank, however, when employing
in the closed-loop configuration its performance is expected to
be better than the standard filterbank in the open-loop system.

V. PERFORMANCE EVALUATION

A. Experimental Setup

Five different 5-channel audio signals with duration of 12 s,
consisting of: phone talking (speeches), acoustical and classical
music, as well as sounds of people clapping hands and laugh-
ing, were used in the experiments. The open-loop and closed-
loop structures were tested on two filterbanks: unbalanced-
delay (standard) filterbank as specified in MPS standard and
balanced-delay filterbank. In the experiment, the CLD and ICC
are quantised as 5 and 3 bits, respectively, while the down-mix
and residual signals are transmitted in continuous form without
encoding. Three scenarios were tested: 2, 4 and 5 audio input
channels. In order to keep consistent SNR measurement from
different scenario, audio signals from the left front and left
surround channels were measured.

B. SNR of Closed-Loop Spatial Audio Coding Using the
Proposed Balanced-Delay Filterbank

The results are given in Fig. 4 showing that, first, as
expected the open-loop MPS using balanced-delay filterbank
tends to provide lower SNR than the open-loop MPS using
unbalanced-delay filterbank. However, the differences of the
SNRs are not significant. Second, the closed-loop structure
using balanced-delay filterbank achieves higher SNR, up to
approximately 8 dB, than the open-loop system. These SNR
improvements are measured consistently for all tested audio
excerpts. Third, the SNR improvements achieved when using
balanced-delay filterbank are also measured for 2, 4, and 5

Fig. 4. Signal-to-Noise Ratio (SNR) measured on various filterbank for
down-mixing 2-channel, 4-channel, and 5-channel audio signals

input channels. The results indicate that applying balanced-
delay filterbank in the Closed-Loop MPS system potentially
provides higher quality reconstructed audio signals.

VI. CONCLUSION

This paper has presented the delay characteristic of Quadra-
ture Mirror Filterbank (QMF) that is specified in MPEG
Surround (MPS) standard and then discussed a balanced-delay
QMF that is very useful for application in a Closed-loop
Spatial Audio Coding (CL-SAC). The experimental results
have shown that employing the balanced-delay QMF in a
CL-SAC can improve Signal-to-Noise Ratio (SNR) up to 8
dB in comparison to standard QMF (unbalanced-delay) in
an open-loop MPS. This balanced-delay QMF provides an
opportunity to apply MPS in a closed-loop configuration which
is expected to be capable of minimising signal distortion during
the processes of quantisation and encoding in MPS which then
make it possible to operate MPS as bitrate scalable codec up
to achieve perfect waveform reconstruction.
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